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Abstract—Recent works have demonstrated the feasibility and
potential of full-duplex (FD) wireless systems to double the
spectral efficiency of half-duplex (HD) systems. Self-interference
(SI) cancellation is the key to FD communication and the residual
SI is the major factor determining the performance of an FD
radio. This paper presents a novel frequency domain based
approach, for the reconstruction of SI signal in digital domain.
Unlike the existing time domain reconstruction approach, which
requires convolution, the proposed approach is simple and uses
FFT processing for SI signal reconstruction. By means of com-
putational complexity evaluation, it is shown that the proposed
reconstruction approach offers 61% reduction in the floating point
operations required to reconstruct SI signal. Furthermore, via
detailed simulations on the performance of digital SI cancellation
under fading channels, it is demonstrated that the SI suppression
achieved with the proposed approach is not only comparable
to existing approach, but with frequency domain SI channel
estimates, it can offer 5−7 dB better cancellation under highly
frequency selective fading conditions, suggesting its suitability for
long range transmission.
Keywords—Digital Cancellation, Self-Interference, Frequency
Domain Reconstruction, Time Dispersive Fading.
I. INTRODUCTION
Present wireless system require separate resources in time
or frequency for reliable communication. As a result, all
current wireless devices operate in half-duplex mode, where
separate resources are allocated for transmission and reception.
FD is a promising wireless technology with the ability and
potential to reduce the growing wireless spectral congestion.
An FD radio, only requires a single resource to transmit and
receive simultaneously, which theoretically cuts the spectrum
requirement by half, resulting in a twofold increase in the
spectral efficiency as compared to an HD system, or an
accommodation of twice the number of users in the same cell
zone.
The fundamental challenge in the realization of FD wireless
communication, is the huge power difference between the SI
signal produced as a result of radio’s own transmission, and the
desired signal arriving from a distant transmitting antenna. The
SI signal, due to its close proximity to the receiver, more or
less occupies the whole dynamic range of the data converters
in the received signal processing path, making the processing
of the desired signal impossible.
To prevent the saturation of the data converter’s dynamic
range, a considerable amount of SI suppression is required
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first in the analog domain, i.e. at the RF stage. The remaining
SI signal, is then suppressed in the digital domain. Any
residual SI after digital domain cancellation ultimately acts
as (additive) noise, and decreases the signal-to-noise ratio
(SNR) of the desired signal, which eventually reduces the
system throughput. Therefore, operation of FD communication
at maximum capacity, requires a full suppression of the SI
signal to the receiver’s noise floor.
Recent works [1]–[11] have presented different system
architecture and SI mitigation techniques for enabling FD com-
munication. Apart from SI suppression techniques employed
in analog/RF stage, implementation of an FD transmission on
an existing HD system, such as, IEEE 802.11a/g standard for
WiFi radios, requires some major structural modification of
the design flow in digital domain. This primarily includes the
reconstruction of an approximate SI signal in baseband with
the aid of the SI channel estimate, and then its subtraction
from the total received signal, which is required to be done
prior to receiver’s processing of the desired signal.
Digital self-interference cancellation plays a key role in
determining the performance of an FD system, as it primarily
quantifies the SNR levels after the suppression of the SI.
To achieve linear digital cancellation, previous designs have
used the time domain approach for SI signal reconstruction
with least square channel estimates acquired either in time
domain [1], [12] or frequency domain [2], [9]. However,
the performance of time domain reconstruction with time
domain estimates [1], [12] suffers significantly in channels
with prolonged impulse response because of the limited length
of the cyclic prefix (CP). Likewise, time domain reconstruction
with frequency domain estimates [2], [9] offers poorer digital
cancellation, because taking the inverse fast Fourier trans-
form (IFFT) of the frequency domain estimate distributes the
concentrated channel taps power over FFT size. Additionally,
time domain reconstruction technique requires convolution
operation, whose computationally complexity can grow as
O(N2).
This work proposes a novel frequency domain based
approach for the reconstruction of SI signal. The proposed
approach uses FFT processing, which is computationally less
demanding than convolution (used in time domain reconstruc-
tion), as shown in the comparative computational complexity
analysis in this paper. Additionally, we have conducted a
detailed performance analysis and comparison of the proposed
frequency domain approach and the existing time domain
approach, with the help of a baseband system model for an FD
OFDM system, considering the widespread IEEE 802.11a/g
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Figure 1. Baseband model of FD OFDM system.
standard, and modeling a multi path fading environment with
different types and levels of fading. It is shown that the
proposed frequency domain reconstruction approach is nearly
three times more computationally efficient, and it demonstrates
5−7 dB improved digital cancellation under highly selective
fading conditions.
The rest of the article is organized as follows. Section II
describes the system model. The methods for the suppression
of SI signal in digital domain are explained in Section III. In
section IV, the computational complexities of different SI sig-
nal regeneration techniques are evaluated. Section V presents
the performance results of the compared digital cancellation
approaches, and section VI concludes this article.
II. SYSTEM MODEL
Fig. 1 presents the structure of our baseband FD node.
The model is based on IEEE 802.11a/g standard HD OFDM
system. A list of key parameters of IEEE 802.11a/g standard
that are included in our model is presented in Table I. Besides
the systematic OFDM blocks, the noteworthy units in our
FD model are the additional blocks of channel estimation
and reconstruction, which are required prior to receiver’s
processing of the desired signal. At the receiver of FD radio,
the baseband received signal yn can be expressed as
yn = h∗ xn + rn +wn, (1)
where xn is the SI signal, h is the channel impulse response
(CIR) corrupting xn, rn represents the desired signal and wn is
AWGN noise. It is assumed that during the channel estimation
process, no signal other than SI signal, is at hand (for best
possible estimation of the SI channel, h), i.e. rn = 0, thus
reducing (1) to
yn = h∗ xn +wn. (2)
Table I. KEY PARAMETERS OF OUR BASEBAND FD MODEL
Modulation BPSK, QPSK, 16-QAM
No of Subcarriers 52
No of Pilots 4
OFDM Symbol duration 4 μs
Guard Interval 800 ns
Cyclic Prefix (CP) length 16 Samples
Signal Bandwidth 16.66 MHz
Subcarrier Spacing 312.5 kHz
FFT Size 64
Considering the OFDM based air interface, of IEEE
802.11a/g, the preamble length is taken as 12 symbols with
the first 10 belonging to the short training sequence (STS)
required for synchronization, packet detection and carrier
offset correction, and the remaining two symbols belong to
the long training sequence (LTS) used to compute channel
state information and symbol synchronization, where each LTS
symbol contains identical training sequence.
III. DIGITAL SELF-INTERFERENCE CANCELLATION
Cancellation of SI in digital domain is a two step process.
First, the SI channel is estimated using the LTS symbols
packed in the preamble of an OFDM burst. Afterwards, the
obtained channel estimate is used to equalize the known
transmitted information, so that the reconstructed signal innate
the same channel properties as that imposed on the received
SI signal.
A. Estimation of Self-Interference Channel
Channel estimation is the task of estimating the gain
of SI channel that essentially disrupts an FD radio’s own
transmissions, before it actually reaches the receiver. To effi-
ciently complete this task in wireless systems, identical OFDM
symbols carrying training sequence (LTS) for each carrier are
used, where averaging of these received LTS symbols is used
to enhance the quality of the channel estimate.
1) Least Square Time Domain Estimation: Least square
time domain estimation (LS-TDE) approach is used in [1], [6],
[12] for SI channel estimation in FD systems. In LS-TDE, CIR
is computed by using the averaged receive LTS symbols. From
(2), the received time domain l LTS symbols having n samples
per symbol are given as
yl,n = h∗ xnLT S +wl,n. (3)
The time domain convolution can be expressed as a matrix
vector multiplication, specifically for preamble, since it is
known and pre-defined. Thus the above channel equation can
be written as
yl,n = XnLTS h+wl,n, (4)
where h is CIR vector and XnLTS is the Toeplitz matrix formed
using the known LTS as shown below:
XnLTS =
⎡
⎢⎢⎢⎢⎣
x1 xn xn−1 ⋅ ⋅ ⋅ xn−L+2
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.
.
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Here, the parameter L states the maximum length of the CIR
that can be estimated and XnLTS is a circular matrix of order
n×L. The matrix XnLTS can be pre-computed since we know
the values of transmitted LTS symbols in advance. The CIR
estimate is thus calculated as given in [13]
ˆh = XnLTS
†yl,n. (5)
Where XnLTS
† denotes Moore-Penrose (pseudo) inverse of
XnLTS and yl,n is the average of l LTS symbols. The channel
frequency response estimate can then be obtained by perform-
ing the FFT of the acquired impulse response as
ˆHLS-T = FFTk
{
ˆhn
}
. (6)
2) Least Square Frequency Domain Estimation: Least
square frequency domain estimation (LS-FDE) technique uses
the averaged receive LTS symbols obtained after FFT process-
ing, to compute the SI channel estimate. The l received LTS
symbols Yl,k for k carriers are obtained as the inner product
of the training sequence symbols vector XkLT S and the channel
frequency response Hk plus additive noise Wl,k as
Yl,k = Hk ⋅XkLT S +Wl,k, (7)
where XkLT S is a vector containing the training sequence. The
channel estimate ˆHk is computed as given in [13];
ˆHk = Yl,k ⋅/XkLT S , (8)
The time domain CIR can then be evaluated as
ˆhLS-F = IFFTn
{
ˆHk
}
. (9)
B. Reconstruction of Self-Interference Signal
The procedure of SI signal reconstruction is similar to that
of equalization, in-fact it is equivalent to reverse of equaliza-
tion. To incorporate the channel effects on the reconstructed
SI signal, the obtained SI channel estimate is processed with
the known transmitted data as explained next.
1) Time Domain Reconstruction: The time domain recon-
struction (TD-R) employed in [1], [2], [6], [9], simply applies
the convolution operation on x′n (the time domain TX samples
prior to interpolation filter as shown in Fig.1) and ˆh (the CIR
estimate) obtained using (5) or (9), with the resultant signal
given as
y′n = ˆh∗ x′n. (10)
Following the convolution operation the output y′n is interpo-
lated to obtain the reconstructed signal yn as presented in Fig.
2 with red dashed lines.
Figure 2. Structure implementing the frequency domain approach for the
reconstruction of self-interference signal in digital domain.
2) Frequency Domain Reconstruction: The proposed fre-
quency domain reconstruction (FD-R) technique takes in the
baseband symbols Xk (obtained after pilot insertion) and equal-
izes them with the frequency domain channel estimate ˆHk
obtained using (6) or (8). The reconstructed signal is obtained
as follows:
ˆYN,k = ˆHN,k.XN,k → y′n = IFFTN,k
{
ˆYN,k
}
, (11)
where N represents the number of transmitted symbols, k is
the FFT size and ˆYN,k are the reconstructed N OFDM symbols.
Note that, the same channel estimate ˆH, needs to be repeated
N times, so that each transmitted symbol Xk can be equalized.
Once the symbols are equalized, they go through the same
process of IFFT, CP insertion, parallel to serial conversion,
preamble attachment and finally through interpolation filter to
obtain time domain reconstructed SI signal yˆn as shown in Fig.
2 with blue dashed lines.
IV. COMPUTATIONAL COMPLEXITIES OF SI SIGNAL
REGENERATION
Computational complexity is calculated as the number
of floating point operations (flops) required to compute an
instance or input of a given algorithm. In this section, we
analyze and compare the implementation requirements in terms
of computational complexity of different SI signal regeneration
processes, which comprise of SI channel estimation and SI
signal reconstruction stages.
A. Estimation Complexity
Computational requirement of the two discussed SI channel
estimation techniques vary because of their implementation
structures as analyzed next.
1) Time Domain Estimate: The LS-TDE is done prior to
FFT processing, and from (5) it can be deduced that it requires
(n ⋅L) complex multiplications and (n ⋅L) complex additions
to compute this estimate. Here, n represents the length of
the averaged receive LTS samples yl,n, and L represents the
length of the CIR. A single complex multiplication requires
four real multiplications and two real additions, and a single
complex addition requires two real additions [14]. Thus, the
computational requirement of LS-TDE is obtained as
4(n ⋅L) real multiplications, (12)
4(n ⋅L) real additions. (13)
Note that, using this estimate with proposed FD-R approach,
requires the estimate to be transformed into frequency domain,
which increases the flop count.
2) Frequency Domain Estimate: From (8) it can be seen
that the LS-FDE only requires a single FFT processing to
compute the channel estimate. A single k points Radix-2 FFT
processing requires (k/2) ⋅ log2(k) complex multiplications and
(k) ⋅ log2(k) complex additions as given in [14]. Therefore,
the computational complexity of this k points Radix-2 FFT is
computed as given in [14], [15]
2k ⋅ log2(k)−7k+12 real multiplications, (14)
3k ⋅ log2(k)−3k+4 real additions, (15)
where k is FFT size and it is required to be greater than one.
When this estimate is used prior to TD-R, an additional IFFT
processing is required, which doubles the flop count.
B. Reconstruction Complexity
The implementation structures of the two reconstruction
approaches discussed earlier are different mainly due to their
separate domains of operation.
1) Time Domain Reconstruction: The TD-R approach re-
quires convolution operation, which can grow computationally
expensive with transmitted packet size. The implementation
of convolution operation is achieved in two basic ways: (1)
Discrete Convolution (DC), and (2) Circular Convolution (CC).
The DC simply applies the multiply and accumulate (MAC)
operation. Thus, to reconstruct N OFDM symbols containing
(n+CP) samples, each using L channel coefficients requires
(4(n+CP) ⋅L) ⋅N real multiplications, (16)
(4(n+CP) ⋅L) ⋅N real additions. (17)
To avoid the expensive MAC operation utilized by DC, the
circular convolution is usually used, which uses the FFT
processing to lower the computational requirements. The CC
algorithm, first takes the n point FFT of both the OFDM
symbol and the channel coefficients (where n represents the
number of samples in one OFDM symbol), then multiplies
them in frequency domain and converts the equalized result
back into time domain via IFFT process. Thus, the computa-
tional requirements using (14) and (15) for Radix-2 FFT are
given as
(6n ⋅ log2(n)−17n+36) ⋅N real multiplications, (18)
(9n ⋅ log2(n)−7n+12) ⋅N real additions. (19)
2) Frequency Domain Reconstruction: The proposed FD-
R approach takes the N known transmitted OFDM symbols,
each containing k data symbols, equalizes them with the
acquired frequency domain channel estimate via multiplication
operation, and converts the resultant symbols into time domain
through IFFT processing. The computational requirements for
FD-R using (14) and (15) are thus evaluated as
(2k ⋅ log2(k)−3k+12) ⋅N real multiplications, (20)
(3k ⋅ log2(k)− k+4) ⋅N real additions. (21)
Table II presents the computational complexities of dif-
ferent estimation and reconstruction algorithms, i.e. SI signal
regeneration, for an IEEE 802.11a/g standard with an FFT size
k = 64, a sample size n = 64 and the CIR length L = 16, defined
by the CP in the standard. In the table, it can be seen that
the most efficient TD-R approach with CC implementation, is
roughly three times more expensive than the proposed FD-R
Table II. COMPUTATIONAL COMPLEXITY OF SI SIGNAL
REGENERATION, CONSIDERING DIFFERENT ESTIMATION AND
RECONSTRUCTION METHODS
Estimate Reconstruct
Flop Count (addition
+ Multiplication) For N=1
Estimate Reconstruct Total Flops
LS-TDE Time [1], [12] 8192 10240⋅N, (DC)4272⋅N, (CC)
18432, (DC)
12464, (CC)
LS-TDE Frequency 8464 1680⋅N 10144
LS-FDE Time [2], [9] 2592 10240⋅N, (DC)4272⋅N, (CC)
12832 (DC)
6864, (CC)
LS-FDE Frequency 1296 1680⋅N 2976
Figure 3. Channel PDP and frequency response for στ = 100ns simulated
using the IEEE 802.11 indoor channel model.
approach (∼61% reduction in flops). This clearly asserts FD-
R as a more efficient and much simpler approach over TD-R
approach.
V. PERFORMANCE RESULTS
In this section, we first explain the wireless channel model
employed in our simulations, and then we present and discuss
our results.
A. Channel Model
To analyze and compare the performance of our proposed
FD-R approach in terms of achieved digital cancellation, we
have simulated a time dispersive slowly fading conditions,
incorporating the wireless channel effects on the transmitted
OFDM packet. In our system, IEEE 802.11 indoor channel
model proposed in [16] is used, which adopts the exponential
model for generating the power delay profile (PDP), i.e.
P(k) = 1
στ
exp−pTs/στ p = 0,1,2, ..., pmax, (22)
where στ is the root mean square (RMS) delay spread, Ts is
the sampling time and p is the discrete path index (taps), with
pmax as the index of the last path (with smallest non-negligible
power), and in [16] it is fixed as pmax = [10 ⋅ στ/Ts]. Now,
assuming that the power of the pth channel tap has zero mean
and variance of σ2p/2, the coefficients of the impulse response
are given as:
hp = γp + jβp, p = 0,1,2, ..., pmax, (23)
where γp and βp are statistically independent and identical
Gaussian random variable each with N(0,σ2p/2), characterizing
a multi path channel with pmax components. Fig. 3 presents
a random realization of our simulated channel model for an
RMS delay spread of 100 ns.
B. Results
The parameters setting of an OFDM symbol assumed in
our simulations is given in Table I. One transmitted OFDM
packet carries 100 OFDM symbols with 16-QAM modulation.
The fading channel is simulated for 1000 random realizations
with PDP considered for different RMS delays spreads. The
simulated fading conditions are applied on the transmitted
Figure 4. Performance of LS-TDET [1], [12], LS-FDET [2], [9] and proposed
techniques under flat fading with στ = 10 ns.
Figure 5. Performance of LS-TDET [1], [12], LS-FDET [2], [9] and proposed
techniques under frequency selective fading with στ = 25 ns.
OFDM packet, and their effects on the performance of the
digital domain cancellation is observed. The legend in each
figure indicates the estimation techniques, with subscripts
denoting the reconstruction approach, i.e. ’T’ is for TD-R and
’F’ is for FD-R.
First, we observed the digital cancellation performance of
the proposed FD-R and existing TD-R approaches, with LS-
TDE and LS-FDE techniques against the received SNR of SI
signal, under fixed RMS delay spreads. Fig. 4 presents the
averaged digital cancellation performance under flat fading
channels; whereas, Fig. 5 and Fig. 6 indicate the digital SI
cancellation obtained in frequency selective channels with co-
herence bandwidth of roughly 8 MHz and 2 MHz (considering
a correlation of 0.5 and above), respectively. These results
show that a larger delay spread degrades the performance of
all the employed SI cancellation techniques. Also, it can be
noticed that the amount of digital cancellation increases with
increasing SNR of the received SI signal, which is logical be-
cause with a higher SNR of an SI signal, a better estimate can
Figure 6. Performance of LS-TDET [1], [12], LS-FDET [2], [9] and proposed
techniques under frequency selective fading with στ = 100 ns.
be obtained. This further indicates the performance limitation
of digital cancellation for low SNR SI signals. Additionally, it
can be seen that the TD-R approach with LS-FDE technique
(which is nearly seven times less expensive than LS-TDE
technique) performs much poorer as compared to the rest
of the SI suppression approaches. The main reason for this
poor performance is that the LS-FDE techniques performs
per carrier estimation, and taking the IFFT of the estimate
distributes the concentrated power of channel taps to all k
points of the IFFT, which distorts the CIR estimate. This leads
to poor reconstruction of the SI, which consequently reduces
digital cancellation.
Secondly, we have investigated the digital cancellation
performance of FD-R and TD-R approaches against increasing
RMS delay spread. The plots shown in Fig. 7 and Fig. 8
present the digital cancellation performance with LS-TDE
and LS-FDE techniques, in channels with fixed SNR of 30
dB and 40 dB, respectively. In these results, the average
achieved cancellation for both SNR levels is getting worse with
increasing delay spread. Additionally, it can be noticed that
for large RMS delay spread, the digital cancellation observed
with LS-TDET and LS-TDEF , suffers far more than LS-FDEF .
This is due to the fact that for delay spreads larger than the
duration of guard interval, LS-TDE technique fails to capture
the CIR efficiently, which eventually reduces the amount of
digital cancellation; whereas, LS-FDE technique performs per
carrier estimation, which makes it more resilient towards the
selective nature of the channel.
A summary including the computational complexities and
digital cancellation performances of different SI signal regener-
ation methods with 40 dB received SNR, is presented in Table
III. These results clearly demonstrate the superiority of the
proposed FD-R approach in terms computational requirements
(a complexity reduction of nearly threefold), and digital cancel-
lation performance, with a 5−7 dB more digital cancellation
under extreme fading conditions.
Figure 7. Performance of LS-TDET [1], [12], LS-TDET [2], [9] and proposed
techniques under time dispersive channel effects, and 30 dB received SNR of
SI signal.
Figure 8. Performance of LS-TDET [1], [12], LS-TDET [2], [9] and proposed
techniques under time dispersive channel effects, and 40 dB received SNR of
SI signal.
VI. CONCLUSIONS
Full-duplex is certainly a promising communication mode
for wireless connectivity, due to the potential to signifi-
cantly improve the spectral efficiency and throughput of a
wireless network. In this work, a novel frequency domain
based approach to reconstruct the SI signal in digital domain
Table III. COMPUTATIONAL COMPLEXITIES VS DIGITAL
CANCELLATION PERFORMANCE SUMMARY
Digital Cancellation in [dB]
at 40 dB received SNR
Digital
Cancellation
Technique

Flop
count
(Est. + Rec.)
Delay Spread
στ [ns] 25 75 100 200
LS-TDET 8192+4272 ⋅N, (CC) 35.3 33.8 31.2 17.6
LS-TDEF 8464+1680 ⋅N 35 33.6 31 17.6
LS-FDET 2592+4272 ⋅N, (CC) 23.8 22.5 22 14
LS-FDEF 1296+1680 ⋅N 34 33.4 33 25
is presented. Via computational complexity evaluation, it is
shown that the proposed approach is considerably efficient
and reduces the computational requirements by 61%. Also, our
performance simulations, under time dispersive fading channel,
have demonstrated that the performance of the proposed FD-R
approach is not only comparable to TD-R, but its incorporation
with LS-FDE has shown a 5− 7 dB more digital SI sup-
pression under highly selective fading channels. Nevertheless,
the degradation of digital cancellation performance with large
delay spreads does indicate the FD limitation for outdoor
applications.
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